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® Speech coding apparatus using multimode coding. 



^ © A speech coding apparatus coupled to a transmission channel includes m (m is an integer greater than 1) 
^ coders (1i-1m)i nn decoders (2i-2m) and m or (m - 1) error conrecting coders (3i-3m). The apparatus also 

includes an evaluation unit which evaluates a quality of each of reproduced speech signals from the input 
^ speech signal and the reproduced speech signals and which outputs an evaluated quality of each of the 
1^ reproduced speech signals. The quality of each of the reproduced speech signals is evaluated in a state having 

no transmission error. A decision unit (5) identifies one of the m coders which provides the reproduced speech 
^ signal having a smallest distortion on the basis of the evaluated quality of each of the reproduced speech 
^ signals, a current error rate of the transmission channel and error conrecting abilities of the error conrecting 

coders, and generates a coder identification number representative of a selected one of the m coders. An output 

part (6« 7) outputs a multiplexed transmission signal including the coded speech signal generated by the one of 
Q. the m coders identified by the decision unit and the error correcting code generated by a corresponding one of 
^ the m error correcting coders. 
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SPEECH CODING APPARATUS USING MULTIMODE CODING 

BACKGROUND OF THE INVENTION 

The present invention generally relates to a speech coding apparatus, and more particularly to a speech 
coding apparatus for compressing speech information and transmitting compressed speech information. 

5 More specifically, the present invention is concerned with a speech coding apparatus using a multimode 
coding, such as code excited linear predictive coding (CELP). 

Recently, there has been a growing demand for a high-efficiency speech coding apparatus capable of 
compressing speech information in communication systems, such as intracompany communication sys- 
tems, digital mobile radio communication systems and speech information storing and answering systems. 

10 Particularly, in communication systems having a poor channel condition, such as digital mobile radio 
communication systems/there is a demand for a speech coding apparatus whicti can correctly process 
digital data having transmission errors. 

Referring to RQ. 1 . there is illustrated a conventional speech coding system having a transmitter and a 
receiver. The transmitter is composed of a speech coder 10. an error correcting coder 3. a multiplexer unit 

75 15 and two error detectors 17 and 18. The receiver is composed of a demultiplexer unit 16, an error 
conrecting decoder 30 and a speech decoder 20. The speech coder 10 is made up of a linear predictive 
coding (LPG) analyzer 11, a predictor 12. a quantizer 13 and an inverse quantizer 14. An input speech 
signal Is applied to the LPG analyzer 1 1 , which carries out a linear predictive coding (LPC) analysis for the 
input speech signal for every frame and which generates linear predictive ccxJing (LPC) parameters 

20 (coefficients). The predictor 12 generates a prediction signal obtained from the LPC parameters related to 
the current frame. The subtracter 17 calculates the difference between the input speech signal and the 
prediction signal generated and output by the predictor 12. This difference is sent, as a residual signal, to 
the quantizer 13, which quantizes the residual signal. The inverse quantizer 14 inversely quantizes the 
quantized residual signal and sends an inverse-quantized residual signal. The error detector 18 adds the 

25 inverse-quantized residual signal to the prediction signal and outputs a reproduced signal to the predictor 
12. The quantized residual signal generated and output by the quantizer 13 and the LPC parameters 
generated and output by the LPC analyzer 11 are sent, via the quantizer 13 for LPC parameters, to the 
multiplexer unit 15. which generates a multiplexed transmission signal. 

In a case where errors frequently occur in the multiplexed transmission signal on a- transmission 

30 channel, the error correcting coder 3 is employed, as shown in FIG.1 . The en'or correcting coder 3 carries 
out an error correction coding scheme for the quantized residual signal and the quantized LPC parameters 
and sends enror correcting codes to the multiplexer unit 15. The multiplexer unit 15 multiplexes the error 
correcting codes together with the quantized residual signal and the quantized LPC parameters. 

The demultiplexer 16 of the receiver receives the multiplexed transmission signal via the transmission 

35 channel, and restores the residual signal, the LPC parameters and the enror correcting codes. The error 
correcting decoder 30 receives these signals and outputs an error-corrected residual signal and error- 
corrected LPC parameters. The speech decoder 20 includes a predictor and an error detector, and outputs 
a reproduced speech signal from the error-corrected residual signal and the error-corrected LPC param- 
eters. 

40 Conventionally, the multiplexed transmission signal has a predetermined bit rate. A fixed error correct- 
ing ability (provided by fixed error correcting codes) is used for coded information on speech (which 
consists of the residual signal and the LPC parameters). In other words, the ability to con-ect transmission 
errors is not changed. Thus, error correction coding of the residual signal and the LPC parameters is always 
carried out at a fixed rate irrespective of the transmission channel condition. 

45 It will be noted that speech coding is primarily directed to eliminating redundancy from a speech signal 
and compressing speech information. The employment of error correction coding is redundant and is not 
desirable in view of information compression. For example, the error correction coding is designed, taken 
into account an expected poor transmission channel condition. That is. the error correcting ability is 
designed, while taking into consideration such an expected poor transmission channel condition. As has 

50 been described previously, the fixed error correcting ability is always used. Thus, even if the transmission 
channel has a good condition and there is less transmission enror, the fixed error correcting ability is 
excessive. This decreases the efficiency of information compression. 

On the other hand, if a low error conrecting ability is allocated to the transmission signal, it becomes 
difficult to sufficiently carry out error correction. This deteriorates the quality of reproduced speech. 
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SUMMARY OF THE INVENTION 

It is a general object of the present invention to provide an improved speech coding apparatus in which 
the above-mentioned disadvantages are eliminated. 
5 A more specific object of the present invention is to provide a speech coding apparatus capable of 
efficiently and effectively canrying out speech coding and enror correction coding. 

The above-mentioned objects of the present invention are achieved by a speech coding apparatus 
coupled to a transmission channel, comprising: 

m (m is an integer greater than 1) coders coding an input speech signal for every frame of the input speech 
10 signal to thereby generate coded speech signals having mutually different bit rates; 

m decoders respectively provided for the m coders and generating reproduced speech signals from the 
coded speech signals for every frame; 

m error correcting coders provided for the m coders and carrying out, for every frame, an error correction 
coding for the coded speech signals to thereby generate error correcting codes having mutually different 

75 error correcting abilities; 

evaluating means, coupled to the m coders and the m decoders, for evaluating a quality of each of the 
reproduced speech signals from the input speech signal and the reproduced speech signals and for 
outputting an evaluated quality of each of the reproduced speech signals, the quality of each of the 
reproduced speech signals being evaluated in a state having no transmission error; 

20 decision means, coupled to the evaluating means, for identifying one of the m coders which provides the 
reproduced speech signal having a smallest distortion on the basis of the evaluated quality of each of the 
reproduced speech signals, a current enror rate of the transmission channel and the error correcting abilities 
of the error correcting coders and for generating a coder identification number representative of the one of 
the m coders; and 

25 output means, coupled to the m coders, the m error correcting coders and the decision means, for 
outputting a multiplexed transmission signal including the coded speech signal generated by the one of the 
m coders identified by the decision means and the error correcting code generated by a corresponding one 
of the m enror correcting coders. 

The aforementioned objects of the present invention are also achieved by a speech coding apparatus 

30 coupled to a transmission channel, comprising: 

m (m is an integer greater than 1) coders coding an input speech signal for every frame of the input speech 
signal to thereby generate coded speech signals having mutually different bit rates; 

m decoders respectively provided for the m coders and generating reproduced speech signals from the 

coded speech signals for every frame; 
35 (m - 1) error correcting coders provided for (m - 1) coders from among the m coders and carrying out, for 

every frame, an enror correction coding for the coded speech signals generated by the (m - 1) coders to 

thereby generate error conrecting codes having mutually different error correcting abilities; 

evaluating means, coupled to the m coders and the m decoders, for evaluating a quality of each of the 

reproduced speech signals from the input speech signal and the reproduced speech signals and for 
40 outputting an evaluated quality of each of the reproduced speech signals, the quality of each of the 

reproduced speech signals being evaluated in a state having no transmission error; 

decision means, coupled to the evaluating means, for Identifying one of the m coders which provides the 
reproduced speech signal having a smallest distortion on the basis of the evaluated quality of each of the 
reproduced speech signals, a cun^ent error rate of tiie transmission channel and error conrecting abilities of 
4S the (m - 1) enror connecting coders and for generating a coder identification number representative of the 
one of the m coders; and 

output means, coupled to the m coders, the (m - 1) error correcting coders and the decision means, for 
outputting a multiplexed transmission signal including the coded speech signal generated by the one of the 
m coders identified by the decision means and including the enror correcting code generated by a 
50 corresponding one of the (m - 1) error correcting coders when tiie one of tfie m coders identified by the 
decision means is one of the (m - 1) coders associated with the (m - 1) error conrecting coders. 

The aforementioned objects of the present invention are also achieved by a speech coding apparatus 
coupled to a transmission channel, comprising: 

m (m is an integer greater than 1) coders coding an input speech signal for every frame of the input speech 
55 signal to thereby generate coded speech signals having mutually different bit rates, each of the m coders 
having a linear predictor; 

analyzing means for canrying out a linear predictive coding (LPC) analysis for the input speech signal for 
every frame and for generating LPC parameters; 
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(m - 1) error correcting coders provided for (m - 1) coders from among the m coders and carrying out, for 
every frame, an error correction coding for the coded speech signals generated by the (m - 1 ) coders to 
thereby generate error correcting codes having mutually different error correcting abilities; 
evaluating means, coupled to the analyzing means, for evaluating a quality of a reproduced speech signal 

5 reproduced by using cun^ent LPC parameters and previous LPC parameters and for outputting an evaluated 
quality obtained in a state having no transmission error, the evaluated quality showing a spectral distortion; 
decision means, coupled to the evaluating means, for identifying one of the m coders which provides a 
reproduced speech signal having a smallest distortion on the basis of the evaluated quality, a current error 
rate of the transmission channel and error correcting abilities of the (m - 1) error correcting coders and for 

10 generating a coder identification number representative of the one of the m coders; and 

output means, coupled to the m coders, the (m - 1) error correcting coders and the decision means, for 
outputting a multiplexed transmission signal including the coded speech signal generated by the one of the 
m coders identified by the decision means and including the enror correcting code generated by a 
conresponding one of the (m - 1) error correcting coders when the one of the m coders identified by the 

IS decision means is one of the (m - 1) coders associated with the (m - 1) error correcting coders. 



BRIEF DESCRIPTION OF THE DRAWINGS 

20 Other objects, features and advantages of the present invention will become more apparent from the 
following detailed description when read in conjunction with the accompanying drawings, in which: 

FIG.1 is a block diagram of a communication system having a conventional speech coding apparatus 
and a speech decoding apparatus; 

FIG.2 is a block diagram of a speech coding apparatus according to a first prefenred embodiment of the 
25 present invention; 

FIG.3 is a more detailed block diagram illustrating the structure of the speech coding apparatus shown in 
FIG.2: 

FIG.4 is a diagram illustrating bit allocations of transmission information; 
FIG 5 is a diagram illustrating error correcting codes and protected bits; 
30 FIG.6A and FIG.6B are diagrams illustrating the operation of a comparison/decision unit shown in FIG.3; 
FIG.7 is a graph illustrating the advantages presented by the present invention; 

FIG.8 is a block diagram of a speech coding apparatus according to a second preferred embodiment of 
the present invention; and 

FIG.9 is a flowchart illustrating the operation of a comparison/decision unit shown in FIG.8. 

35 

DESCRIPTION OF THE PREFERRED EMBODIMENTS 



Referring to FIG.1, there is illustrated a speech coding apparatus according to a first preferred 

40 embodiment of the present invention. The speech coding apparatus shown in FIG.1 has a plurality of coders 
1i - 1m (m is an integer greater than 1), which respectively code an input speech signal at different bit rates 
per frame (different information amounts). Decoders 2i - 2^ are provided respectively for the coders 1i - 
1,n. The decoders 2i - 2^ decode coded speech signals generated and output by the coders 1i - 1^, 
respectively, and output reproduced speech signals. Error correcting coders 3t - 3^ carry out enror 

45 correction coding for the coded speech -signals (speech coding information) generated and output by the 
coders 1i - 1m. and output error correcting codes. An evaluation unit 4 receives the reproduced speech 
signals generated and output by the decoders 2i -2m and the input speech signal and generates, therefrom, 
evaluation functions of qualities of the reproduced speech signals which have no transmission errors. A 
comparison/decision unit 5 receives the evaluation functions generated and output by the evaluation unit 4 

60 and a current error rate of a transmission channel which is output by an exchanger (not shown) installed in 
an exchange office. The comparison/decision unit 5 calculates a distortion amount from the current error 
rate and the en-or correcting ability of each of the error correcting coders 3i - 3m with respect to the current 
error rate. Then, the comparison/decision unit 5 selects, on the basis of the evaluation functions and the 
calculated distortion amount, one en-or correcting decoder from among the error correcting coders 3i -3m 

55 which provides the reproduced speech signal having the smallest distortion. Then, the comparison/decision 
unit 5 sends a coder identification number of the selected coder to a selector 6. The selector 6 selects the 
coded speech signal generated and output by the coder specified by tiie comparison/decision unit 5 as well 
as an associated enror correcting code. A multiplexer 7 receives the selected coded speech signal, the 
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selected error correcting code and the coder identification number and multiplexes these signals to thereby 
generate a multiplexed transmission signal having a constant bit rate. 

A plurality (m) of coder-error correcting coder sets process mutually different ratios of the number of 
enror correcting bits per frame to the number of Information bits per frame (different ratios of the amount of 
5 error conrecting codes to the amount of speech Information). The sum of the number of bits of the coded 
speech signal per frame and the number of error correcting bits per frame for each of the coder-error 
correcting code sets are identical to each other. The comparison/decision unit 5 selects, for every frame, 
the optimum coder-enror correcting coder set. The sum of the transmission amount of coded speech signal 
aj (i = 1,2, m) and the transmission amount of en'or correcting code bj is equal to a fixed bit rate c of 
w the transmission channel. 

During operation, the reproduced speech signals generated and output by the decoders 2i -2m and the 
Input speech signal are input to the evaluation unit 4, which connpares. for every frame, each of the 
reproduced speech signals with the input speech signal. The m comparison results in the form of evaluation 
- functions show the qualities of the reproduced speech, signals related to the coders 1i -1^ where there are 
no transmission errors. 

The comparison/decision unit 5 receives the evaluation functions generated and output by the evalu- 
ation unit 4 and the cunrent error rate related to the transmission channel. The comparison/decision unit 5 
calculates the amount of distortion from the cunrent en-or rate and tho error correcting ability of each of the 
error conrecting coders 3i - 3m with respect to the current error rate. Then, the comparison/decision unit 5 

20 selects, on the basis of the evaluation functions and the calculated distortion amount, one error correcting 
decoder from among the error correcting coders 3i - 3m which provides the reproduced speech signal 
having the smallest distortion. Then, the comparison/decision unit 5 sends the coder identification numt)er, k 
(1 ^ k ^ m) of the selected coder to a selector 6. It will be noted that when one coder is selected, the 
corresponding error correcting coder is automatically specified. 

25 It is now assumed that the error correcting abilities of the error correcting coders 3| (i = 1 -m) increase 
with an increase in the number m. If there is no transmission enror. speech reproduced from the coded 
speech signal a^ will have a quality less than that of speech reproduced from the coded speech signal ai . 
On the other hand, if there are many transmission errors, speech reproduced from the coded speech signal 
am will have a quality higher than that of speech reproduced from the coded speech signal ai . 

30 The comparison/decision unit 5 selects, for every frame, one coder from among the coders 1i -lm 
which provides the highest reproduced speech quality and sends the corresponding coder identification 
number k to the selector 6. The selector 6 selects the coded speech signal ak and the corresponding error 
connecting code bk and sends the same to the multiplexer unit 7. 

In the above-mentioned way, the error correcting ability to correct errors contained in the coded speech 

35 signal information is always optimized dynamically. On the receiver side, the error conrecting decoder 30 
and the decoder 20 operate in accordance with the coder identification number k which is transmitted from 
the transmitter side. 

FIQ.3 illustrates the more detailed configuration of the speech coding apparatus shown in FIG. 2. Each 
of the coders 1i - 1^ is of a conventional code excited linear predictive coding (CELP) type coder, and is 
40 composed of a code book 21, a gain amplifier 22. a pitch predictor 23 and a linear predictor 24. A CELP 
coder has been proposed in, for example, B.S.Atal and M.R. Schroeder, "STOCHASTIC CODING OF 
SPEECH AT VERY LOW BIT RATE". Proc.lCASSP '84, pp.1 61 0-1 61 3. 1984. or United States Patent 
Application Serial Number 515.430. the disclosure of which is hereby incorporated by reference. 
Any one of the following evaluation functions can be used in the evaluation unit 4: 
45 i) Wavefonm distortion, such as a signal-to-noise ratio (S/N ratio) in each frame; • - 

ii) Spectral distortion, such as (linear predictive coding) Cepstrum distance: or 

iii) a combination of the above i) and ii). 

The speech coding apparatus shown in FIG.3 uses the evaluation function which evaluates spectral 
distortion. The evaluation unit 4 shown in FIG.2 is made up of a linear predictive coding (LPC) analyzer 25 
50 and a spectral distortion calculator 26. It will be noted that the speech coding apparatus shown in FIG. 3 has 
no decoders 2i - 2^, since there is no need to evaluate the waveform distortion. 

The speech coding apparatus shown in FIG.3 has threes coder-error correcting coder sets (three 
modes). Hereinafter, the three modes are respectively referred to as A mode. B1 mode and B2 mode. As 
shown in FIG.4. the bit allocations of the three modes A. B1 and 82 are different from each other, but have 
55 an identical bit rate of 4.8 kbs (144 bits). Hereinafter. 81 and 82 modes are generally refen-ed to as 8 mode 
simply. 

Each of the modes is provided in common with control data including a frame synchronization bit a 
mode selection bit or bits, error correction coding bits labeled FECO (Forward Error Correcting) for the 
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mode selection bit or bits, gain (coefficient), pitch prediction bits (delay (period)), and code book bits (index 
(phase), gain (amplitude)). 

In A mode, all bits of the transmission signal are used for transmitting the coded speech signal 
generated and output by the coder It composed of the code book 21, the gain amplifier 22. the pitch 
5 predictor 23 and the linear predictor 24. Thus. A mode uses no error correcting coder. 

Each of the code books 21 stores a plurality of random samples. The random samples are read out 
from each of the code books 21 one by one and the optimum random sample providing the smallest error 
between the input speech signal and the reproduced speech signal output by the linear predictor 24 is 
selected. The gain of the gain amplifier 22 is detenmlned so that the smallest error is output The delay 
10 (period) and the gain (coefficient) of the pitch predictor 23 are determined so that the smallest error is 
output The IPC parameters of the linear predictor 24 are determined by analyzing current frame data. 

In A mode, the coder 1i carries out the LPC analysis for every frame of the input speech signal and 
sends LPC parameters to a destination terminal together with the above-mentioned information. On the 
other hand, in both B1 mode and B2 mode, LPC parameters are not sent to the destination, and 32 
15 transmission bits allocated to the LPC parameters in A mode are used for transmitting error correcting bits. 
The enror correcting coder 32 shown in F!G.2 corresponds to the combination of FECI. FEC2 and FEC3 
shown in FIG.3. FECI, FEC2 and FEC3 are Hamming codes as defined in FIG.5. The error correcting coder 
33 (m - 3) shown in FIG.2 con-esponds to the combination of FECO, FECI, FEC2 and FEC4 which are as 
defined in FIG.5. 

20 A multiplexer unit 71 multiplexes the aforementioned control data and the LPC parameters and outputs 
a multiplexed signal to the selector 6. A multiplexer unit 72 multiplexes the aforementioned control data of 
the coder I2, the error correcting codes FECI and FEC2 with respect to these control data, and the error 
correcting codes FEC3 with respect to the LPC parameters which were transmitted in the most recent A 
mode frame. A multiplexer unit 73 multiplexes the aforementioned control data of the coder I3, and the 

25 error conrecting codes FECI, FEC2 and FEC4 with respect to these paranneters. The multiplexed signals 
generated and output by the multiplexer units 71 , 72 and 73 are sent to the selector 6, which selects one of 
the three multiplexed signals and transmits the same together with the coder identification number output 
from the comparison/decision unit 5 and the error conrecting code FECO with respect to the coder 
identification number (mode selection bit or bits). It will be noted that in the arrangement shown in FIG.3, 

30 multiplexing is canied out first and the selecting procedure is candied out second. 

A memory 27 stores the LPC parameters transmitted in the last frame In A mode (the most recent A 
mode frame). A switch 28 is provided between the LPC analyzer 25 and the memory 27. In A mode, the 
switch 28 selects the LPC analyzer 25.. On the other hand, in B1 mode and 82 mode, the selector 28 
selects the output tennninal of the memory 27. which stores the LPC parameters transmitted in the most 

35 recent A mode frame. The switch 28 is controlled by the comparison/decision unit 5, as will be described in 
detail later. 

It will be noted that in 81 and 82 modes, the LPC parameters are not updated and therefor the 
parameters stored in the memory 27 are used. Thus, if there is a great difference between the LPC 
parameters related to the consecutive frames, a spectral distortion will occur In reproduced speech. 
40 In order to evaluate the spectral distortion, the spectral distortion calculator 26 calculates the distance 
between LPC parameters of consecutive frames (present frame and previous frame), SNlar. as defined in 
the following expression. 



45 



where 



SN, 



lAR 



50 




LPC parameters of A mode 



(LAR), 



and 
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LPC parameters of Bl or B2 mode 



(LAR) 



7 



EP 0 417 739 A2 



The comparison/decision unit 5 determines a threshold value Th (which will be described later) based 
on the current error rate (BER) of the transmission channel, which is transmitted from an exchanger in an 
exchange office. Then, the comparison/decision unit 5 compares the aforementioned spectral distortion 
SNtAR with the threshold value Th and makes a decision on which one of the three mode should be 

5 selected on the basis of the comparison result. 

It should be noted that the above-mentioned comparison and decision procedure takes into consider- 
ation the evaluation of qualities of the reproduced speech signals as well as the distortion amount calculated 
based on the enror correcting ability of each enror correcting coder with respect to the current error rate. 
As shown in FIG.6A and FIG.6B. the comparison/decision unit 5 determines, at step 101. whether or not 

10 SNlar > Th. If SNlar < Th, a mode is selected at step 103 so that the switch 28 connects the LPC analyzer 
25 and the memory 27. In A mode, the contents of the memory 27 (LPC parameters) are updated for every 
frame. On the other hand, if SNlar > Th, the switch 28 is controlled so that it selects the output of the 
memory 27. Either 81 or B2 mode is selected on the basis of the determination result at step 1 02, at which 
step it is detenmined whether the previous frame was transmitted in A mode or B mode. If it- is determined 

75 that the previous frame was transmitted in A mode, B1 mode is selected at step 104. On the other hand, if 
the previous frame was transmitted in B mode. 82 mode is selected at step 1 05. 

In both the B1 and B2 modes, the bits related to the pitch prediction and the bits related to the gain 
(amplitude) of the code book (60 bits in total) are protected by the error correcting codes FECI and FEC2. 
In 81 mode, the LPC parameters amounting to 32 bits transmitted in the most recent A mode frame are 

20 protected by the enror con-ecting code FEC3. On the other hand, in B2 mode, the phase (index) information 
about the code book consisting of 48 bits is protected by the en-or conrecting code FEC4. 

B1 mode is used only when the mode is changed from A to B. because the LPC parameters are 
transmitted in only A mode and unless the error correcting with FEC3 is carried out for the LPC parameters, 
erroneous LPC parameters will successively be used for consecutive B mode frames. 

25 On the other hand, B2 mode is used when the B mode status is maintained, when the mode is returned 
to A mode from 82 mode, the condition. SNlar ^ Th, is satisfied. 

FIG.7 is a graph illustrating segmental SNR characteristics (SNRseg) as a function of the bit enror rate 
which were obtained by the experiments conducted by the present inventors. The threshold value Th was 
tested with values of 0, 5, 10, 15, 20 and 30dB. 

30 A curve with Th equal to 30dB represents the characteristic of the coder 1i having no bit error 
correction coding. It can be seen from the graph that a good characteristic is obtained at low bit rates, but 
the segmental SNR deteriorates greatly with the bit error rate greater than 10^^. When the threshold value 
Th is equal to OdB or SdB. the 8 mode will frequently be selected so that a high error correcting ability is 
provided. Thus, even when the bit error rate is equal to 3 x lO"*^, the segmental SNR deteriorates less. 

35 However, it should be noted that in these cases, the number of LPC parameters to be transmitted is 
extremely small and thus a great spectral distortion will occur in reproduced speech. 

From the above-mentioned viewpoint, it is preferable that the threshold value Th be selected based on 
the error rates, as shown in Table 1 . 

40 Tabie 



Th 


Error 




rate 


<10^' 


30dB' 


10-5 . ^0-* 


20dB 


10-^-3x10-3 


15dB 


> 3x10-3 


lOdB 



nG.8 is a block diagram of a speech coding apparatus according to a second preferred embodiment of 
the present invention. In FIG. 8. those parts which are the same as those shown in FIG.3 are given the same 
reference numerals. In FIG.8. a spectrum/waveform distortion calculator 126 is substituted for the spectral 
distortion calculator 26 shown in FIG.3. The spectmm/waveform distortion calculator 126 calculates the 
waveform distortion for every frame in addition to the spectral distortion. That is. the spectrum/waveform 
distortion calculator 126 is designed so that the function of calculating the waveform distortion is added to 
the function of the spectral distortion calculator 26. The waveform distortion is obtained by comparing the 
waveform of each of the reproduced speech signals with that of the input speech signal. Thus, the output 
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signals of the linear predictors 24 are input to the spectrum/waveform distortion calculator 126. 

FIG.9 is a flowchart Illustrating the operation of the comparison/decision unit 5 shown in FIG.8. At step 
201. it is determined whether SNlar > Th, as in step 101 {FIG.6A). If the result is NO, A mode is selected at 
step 204. On the other hand, if the result at step 201 is YES. It is determined, at step 202, whether WD > 
5 Th' where WD denotes a wavefonn distortion obtained by the spectrum/wavefomn distortion calculator 126 
and Th is a threshold value which Is dynamically detemnined based on the current bit error rate. If WD > 
Th', A mode is selected at step 204. On the other hand, if WD S Th', it is determined, at step 203, whether 
the previous frame was transmitted in A mode or B mode. If it is detemnined that the previous frame was 
transmitted in A mode. B1 mode is selected at step 205. On the other hand, if it is determined that the 
10 previous frame was transmrtted in B mode, 82 mode is selected. 

The present invention is not limited to the specifically disclosed embodiments, and variations and 
modifications may be made without departing from the scope of the firesent invention. 

Reference signs in the claims are intended for better understanding and shall not limit the scope. 

/5 

Claims 

1 . A speech coding apparatus coupled to a transmission channel, comprising: 

m (m is an integer greater than 1) coders (1i-1m) coding an input speech signal for every frame of said 

20 input speech signal to thereby generate coded speech signals having mutually different bit rates; and 

m en-or correcting coders (3i-3m) provided for said m coders and carrying out, for every frame, an error 
con-ection coding for said coded speech signals to thereby generate error correcting codes having mutually . 
different error correcting abilities, characterized in that said speech coding apparatus comprises: 
m decoders (2i-2m) respectively provided for said m coders and generating reproduced speech signals 

25 from said coded speech signals for every frame; 

evaluating means (4), coupled to said m coders and said m decoders, for evaluating a quality of each of 
said reproduced speech signals from said input speech signal and said reproduced speech signals and for 
outputting an evaluated quality of each of said reproduced speech signals, said quality of each of said 
reproduced speech signals being evaluated in a state having no transmission error; 

30 decision means (5), coupled to said evaluating means, for identifying one of said m coders which provides 
the reproduced speech signal having a smallest distortion on the basis of said evaluated quality of each of 
said reproduced speech signals, a current error rate of said transmission channel cind said error correcting 
abilities of said enror conrecting coders and for generating a coder identification number representative of 
said one of the m coders; and 

35 output means (6. 7), coupled to said m coders, said 

m en'or correcting coders and said decision means, for outputting a multiplexed transmission signal 
including the coded speech signal generated by said one of the m coders identified by said decision means 
and the error connecting code generated by a corresponding one of the m error correcting coders. 

2, A speech coding apparatus as claimed in claim 1 . characterized In that: 

40 said decision means (4) comprises means (101) for providing a threshold value based on said current error 
rate and said en'or correcting abilities of said m error connecting coders and for comparing said evaluated 
quality of each of said reproduced speech signals with said threshold value to thereby output comparison 
results; and 

said decision means selects said one of the m coders on the basis of said comparison results. 
45 3. A speech coding apparatus as claimed in claim 1 or claim 2. characterized in that said muitipiexed^ 
transmission signal has a fixed bit rate. 

4. A speech coding apparatus coupled to a transmission channel, comprising m (m is an integer greater 
than 1) coders (1i-1m) coding an input speech signal for every frame of said input speech signal to thereby 
generate coded speech signals having mutually different bit rates, characterized in that said speech coding 
50 apparatus comprises: 

m decoders (2t-2„,) respectively provided for said m coders and generating reproduced speech signals 
from said coded speech signals for every frame; 

(m - 1) error conrecting coders (FEC1-FEC4) provided for (m - 1) coders from among said m coders and 
canrying out. for every frame, an enror correction coding for said coded speech signals generated by said 
55 (m - 1) coders to thereby generate error conrecting codes having mutually different error correcting abilities; 
evaluating means (4), coupled to said m coders and said m decoders, for evaluating a quality of each of 
said reproduced speech signals from said input speech signal and said reproduced speech signals and for 
outputting an evaluated quality of each of said reproduced speech signals, said quality of each of said 
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reproduced speech signals being evaluated in a state having no transmission error; 

decision means (5). coupled to said evaluating means, for identifying one of said m coders which provides 
the reproduced speech signal having a smallest distortion on the basis of said evaluated quality of each of 
said reproduced speech signals, a current error rate of said transmission channel and error correcting 
5 abilities of said (m - 1) error correcting coders and for generating a coder identification number representa- 
tive of said one of the m coders: and 

output means (6, 7), coupled to said m coders, said (m - 1) error correcting coders and said decision 
means, for outputting a multiplexed transmission signal including the coded speech signal generated by 
said one of the m coders identified by said decision means and including the error correcting code 
70 generated by a con'esponding one of the (m - 1) error correcting coders when said one of the m coders 
identified by said decision means is one of (m - 1) coders associated with said (m - 1) error correcting 
coders. 

5. A speech coding apparatus as claimed in claim 4, characterized in that: 

said decision means (4) comprises means (101) for providing a threshold value based on said current error 
15 rate and said error connecting abilities of said (m - 1) enror correcting coders and for comparing said 
evaluated quality of each of said reproduced speech signals with said threshold value to thereby output 
comparison results; and 

said decision means selects said one of the m coders on the basis of said comparison results. 

6. A speech coding apparatus as claimed in claim 4 or claim 5, characterized in that said multiplexed 
20 transmission signal has a fixed bit rate. 

7. A speech coding apparatus coupled to a transmission channel, comprising: 

m (m is an integer greater than 1) coders (21-24) coding an input speech signal for every frame of said 
input speech signal to thereby generate coded speech signals having mutually different bit rates, each of 
said m coders having a linear predictor; and 
25 analyzing means (25) for carrying out a linear predictive coding (LPC) analysis for said input speech signal 
for every frame and for generating LPC parameters, characterized in tiiat said speech coding apparatus 
comprises: 

(m - 1) error correcting coders (FEC1-FEC4) provided for (m - 1) coders from among said m coders and 
carrying out. for every frame, an error correction coding for said coded speech signals generated by said 

30 (m - 1) coders to thereby generate error correcting codes having mutually different enor correcting abilities; 
evaluating means (26, 126), coupled to said analyzing means, for evaluating a quality of a reproduced 
speech signal reproduced by using current LPC parameters and previous LPC parameters and for 
outputting an evaluated quality obtained in a state having no transmission error, said evaluated quality 
showing a spectral distortion; 

35 decision means (5). coupled to said evaluating means, for identifying one of said m coders which provides a 
reproduced speech signal having a smallest distortion on tiie basis of said evaluated quality, a current error 
rate of said transmission channel and error correcting abilities of said (m - 1) error correcting coders and for 
generating a coder identification number representative of said one of the m coders; and 
output means (71-73, 6). coupled to said m coders, said (m - 1) error correcting coders and said decision 

40 means, for outputting a multiplexed transmission signal including the coded speech signal generated by 
said one of the m coders identitied by said decision means and including the error correcting code 
generated by a conresponding one of the (m - 1) error conrecting coders when said one of the m coders 
identified by said decision means is one of (m - 1) coders associated with said (m - 1) error correcting 
coders. 

45 a A speech coding apparatus as claimed- in claim 7, characterized by furtiier comprising mennory means 
(27. 28) for storing said previous LPC parameters previously generated by said analyzing means and for 
sending said previous LPC parameters to (m - 1) coders from among said m coders associated with said 
(m - 1) error correcting coders, 

wherein said evaluating means (26) receives said current LPC parameters from one coder other than said 
50 (m - 1) coders and said previous LPC parameters from said memory means. 

9. A speech coding apparatus as claimed in claim 8. characterized in that: 

said memory means (27) comprises a switch (28) and a memory (27) having an input terminal and an 
output terminal; 

said switch connects the input terminal of said memory to either said analyzing means or the output 
55 terminal of said memory; and 

the output temninal of said memory is coupled to said (m - 1) coders associated with said (m - 1) error 
conrecting coders. 

10. A speech coding apparatus as claimed in claim 9, characterized in that: 
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said switch has a control terminal which receives said coder identification number generated by said 
decision means (5). 

11. A speech coding apparatus as claimed in any of claims 7 to 10. characterized in that: 
said evaluating means (26) evaluates the quality of the reproduced speech signal by calculating an equation 
5 defined as follows: 

in the following expression. 

in * 



where SnLAR: said evaluated quality. 

y^*^^ : said current LPC parameters, and 



20 yi : said previous LPC parameters. 

12. A speech coding apparatus as claimed in any of claim 7 to 11, characterized in that: 

said decision means (5) comprises means (101) for providing a threshold value based on said current error 
26 rate and said error conrecting abilities of said (m -1) error correcting coders and for comparing said 
evaluated quality of said reproduced speech signal with said threshold value to thereby output comparison 
results; and 

said decision means selects said one of the m coders on the basis of said comparison results. 

13. A speech coding apparatus as claimed in claim 12, characterized in that said decision means (5) 
30 generates said coder identification number which identifies one coder other than said (m - 1) coders 

associated with said (m - 1) error correcting coders when said evaluated quality SNlar is greater than said 
threshold value. 

14. A speech coding apparatus as claimed in claim 13, characterized in that when said decision means (5) 
identifies one of said (m - 1 ) coders in place of said one coder other than said (m - 1 ) coders, said decision 

35 means generates said coder identification number which identifies one of said (m - 1) coders associated 
with said (m - 1) error correcting coders which carries out the error correcting coding for said previous LPC 
parameters. 

15. A speech coding apparatus as claimed in any of claims 7 to 14, characterized in that the error 
connecting code generated by one of said (m - 1) enror conrecting coders has error correcting bits for 

40 protecting said previous LPC parameters. 

16. A speech coding apparatus as claimed in any of claims 7 to 15. characterized in that said current LPC 
parameters related to one of said m coders to which no said en^or correcting codes are provided are 
contained in said multiplexed transmission signal without said error correction coding. 

17. A speech coding apparatus as claimed in any of claims 7 to 16. characterized in that said output means 
"45" coinnprises:'"" . -■ - - ... 

m multiplexer units (71-73) respectively provided for said m coders, each of said m multplexer units 
generating said multiplexed transmission signal; and 

selector means (6). coupled to said m multiplexer units and said decision means, for selecting one of said 
m multiplexer units in accordance v^'th said coder identification number generated by said decision means 
50 and for outputting said multiplexed transmission signal supplied from said one of the m multiplexers to said 
transmission channel. 

18. A speech coding apparatus as claimed in claim 17. characterized by further comprising an error 
con'ecting coder (FECO) for carrying out an error correcting coding for said coder identification number so 
that said coder identification number is protected by said enror correcting coding. 

55 19. A speech coding apparatus as claimed in any of claims 7 to 18. characterized in that: 
each of said m coders is of a code excited linear predictive (CELP) coding type coder; 
said evaluating means (126) comprises waveform distortion evaluating means (202) for evaluating a 
waveform distortion of each of m reproduced speech signals supplied from said m coders on the basis of 
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said input speech signal and said m reproduced speecii signals; 

said decision means (5) comprises means for identifying said one of the m coders on the basis of said 
spectral distortion and said waveform distortion. 
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FIG. 4 
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ABSTRACT: 

A speech coding apparatus coupled to a transmission channel 
includes m (m is an integer greater than 1) coders (11-lm) , m 
decoders (21-2m) and m or (m - 1) error correcting coders (31-3m) . 
The apparatus also includes an evaluation unit which evaluates a 
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quality of each of reproduced speech signals from the input speech 
signal and the reproduced speech signals and which outputs an 
evaluated quality of each of the reproduced speech signals. The 
quality of each of the reproduced speech signals is evaluated in a 
state having no transmission error. A decision unit (5) identifies 
one of the m coders which provides the reproduced speech signal 
having a smallest distortion on the basis of the evaluated quality of 
each of the reproduced speech signals, a current error rate of the 
transmission channel and error correcting abilities of the error 
correcting coders, and generates a coder identification number 
representative of a selected one of the m coders. An output part (6, 
7) outputs a multiplexed transmission signal including the coded 
speech signal generated by the one of the m coders identified by the 
decision unit and the error correcting code generated by a 
corresponding one of the m error correcting coders. 
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